US 20160037279A1

a2y Patent Application Publication o) Pub. No.: US 2016/0037279 A1l

a9 United States

Borne 43) Pub. Date: Feb. 4, 2016
(54) AUDIO DEVICE HO4N 5/04 (2006.01)
HO4R 3/04 (2006.01)
(71) Applicant: Steven Jay Borne, New York, NY (US) G10L 21/0356 (2006.01)
GO6F 3/16 (2006.01)
(72) Inventor: Steven Jay Borne, New York, NY (US) HO04R 3/12 (2006.01)
(52) US.CL
(21)  Appl. No.: 14/813,640 CPC oo HO04S 3/006 (2013.01); GOGF 3/165
. (2013.01); H04S 7/301 (2013.01); HO4S 3/008
(22) Filed:  Jul. 30,2015 (2013.01); HO4R 3/12 (2013.01); HO4R 3/04
(2013.01); G10L 21/0356 (2013.01); HO4N
Related U.S. Application Data 5/04 (2013.01)
(60) Provisional application No. 62/032,205, filed on Aug.
1,2014. 57 ABSTRACT
A method and system dynamically adjusts the audio of an
Publication Classification audio and video signal to improve its overall sound quality
and dialog intelligibility. Some embodiments use gain, equal-
(51) Int.ClL ization, audio signal compression and spatial enhancement
H04S 3/00 (2006.01) (reverb) on individual channels of a multichannel audio sig-
HO04S 7/00 (2006.01) nal.
VIDEQ DELAY |
AN INPUT COMPENSATION
l BLOCK I
DIGITAL 204 203
e
226 .
STEORﬁI(_JYMX ! ¢ ¢ 258 AN OQUTPUT
206 REALTIME BACﬁg‘EQ’%UND BACKGROUND
AMBIENCE DETECTION NOISE EQ
DIGITAL MICROPHONE BLOCK BLOCK
AUDIO STREAM
EVALUATION
BLOCK )00y 216 216-1 2201 240 242 256
{ ¢ { { <N
GAIN FREQUENCY LEVELING/
STEREO CONTROD’"G/IODULATION cOMPRESSION H STEREQMIX) [ cce o] [ MASTER
EQUALI-
ONLY o SPATIAL MIX ZATION
PROGRAM GAIN FREQUENCY LEVELING/ ) | ENHANC- | | GAN |} 5 0cK
CONTROL MODULATION COMPRESSION v
Noto 2222 2162 \2182 248 2202 250 22
USER INTERFACE AUDIO AUDIO
ALLOWS FOR USER SELECTABLE RETURN RETURN EQPRESET
LEVELS OF PROCESSING ANALYSIS ANALYSIS BLOCK
E.G. NONE, LEVEL1,2,3. MICROPHONE BLOCK




Feb. 4,2016 Sheet1of6 US 2016/0037279 Al

Patent Application Publication

-
ﬁ
X

gl 34NoI4 0L

9

7

Vi Old
N2 NgL NOL Nz

NOISS34dNOD NOILYINAOW
\Oz_._m>m_._ >ozm:om_m_n_

T041INOD
z_<o

w.mzz,q_._o olanv ._<zo_._._oo<

NOISS3F4dNOD NOILYINQOI
IONIT3ATT AONINOIY

53

LO
w
—
~—

€'} 73A31INON 93
ONISS300dd 40 S13ATT

318VLO3T3S ¥3SN |04
SMOTIV 3OV4HINIH3SN

%0018
NOILVYN
-INA3L
olanv
03431S

TYNDIS
olanv

O3dIA

T0HINOD
NIV
02, 99 ZlL \wo_‘
NOISSTHINOD)_{ NOILYINAOW ¥INOD
! /ONIN3ATT VI\OGZ%S%VI\A NIV VI'/ o d3LLI1NdS
16-0cl G-g1L 69 G-zl dzz<_mwwz . 2%%%%%%
NOISSIdN0D\_{ NOILYINQOW ¥INOD
/ONI3ATT UI\OOZ%SEUI\A NIV VI@\ . T3NNYHOILINW
02} 981 9oL b-2z) ol
& G
602 £-81l €0l £-2zl Xﬁ}ﬁmmmwnw_mﬁs_ NOILYNTVA3
NOISSTHANOD\_{ NOILYINAOW }_f T0HLINOD Wy3dLS
/ONMIATT AON3ND T4 NIV QNRIEINGD AL olany
z-0z) ) oLl WL9Ia
NOISSTHNO0}—{ NOLLYINQON )} T04INOD'} (7 2oL
[YRETER ADN3ND IS NIV 2
7 7 7 -
1-02) 181 191 > AndNI A
WY3LS )




Feb. 4,2016 Sheet2 of 6 US 2016/0037279 Al

Patent Application Publication

. | ] g
gl "ol , ) o
)
| %0018
7_83 3NOHAOHOIA
Fs3dd H SEAMY 1~ sisatny
| o3 Sl ll EYIENTY
-/ .
)
INJWZONYHNZ
NIYO X WI1¥dS
TANNYHOLLTN || /83A3a XN
) aoLLTN |-y

8Cl

vl 39N9IH NOYS

%0078 HANIBWOD AINIWIONVHNI u
NOILYZ | | Wv3dls olany VLS ot H ot v
JVAO | O3d3LS ONv (EIAS TANNYHOILLTNW [} TINNVHOILINW
43LSYN| | TINNYHOILTNIN XIN ORI3LS ‘ n

14 \ l

TR ) ovL 9EL 82l AR

§

Y0018
¥001803 INOHJOMOIN
3SION zo%%_%ma JONIIGNY
ANNOHDYOVE | | anndaisdiov ENREN

1ndInoAv  |-——851

é )
wolg vl

NOILYSN3dWNOD
AY130 O3AIA

—




Feb. 4,2016 Sheet3 of 6 US 2016/0037279 Al

Patent Application Publication

'€°C 'L T3ATTINON 93
ONISS300¥d 40 S13ATT
318vL0373S §3SN JO4 SMOTIV

JOV4H3LINI H3SN

¢ 9Ol
%0018 INOHJOMOIN
%0078 SISAIYNY SISATYNY
13534403 | | NNl NAN L3
olany olany
? % /
05z  ¢0zz~ 8v¢ 282 z9le

| 25¢

#0018 | |

(oS o2
y3lsyw | [0S
N/
95z bz
INdINOAY  |-85Z

XIN O3H3LS

N3N
“ONVHN3
WVILVAS
/d43A3

NOISS34dNOD
TONINFATT

NOISS3HdWOD
IONI3ATT

NOILY1NAOW
AON3INOINA

NOILYTNAOW
AJONIND3Y4

vz 1-022 1812 1-912
Y0078 NOST8 | | anorHdosom
O3 3SION 3SION ) JONIIGNY
ANNOHOMOVY ANNOXOMIVE JNITVIS
¢ P ¢
02 87z 922
wmw €0z
oo |
M08
WY31S
NOILYSNIdNOD
AY130 03aIA )

¢¢ce o&/

TOYLNOD

NIVO Au'
TO4LNOD

ivs )

\-¢c _

NYHO0™d
AINO
03431S

%2018

NOILYN VAT
WY3d1S Olanv
WioIa

90¢

AINO
XIN O3431S
ONINIVINOD
WY3HLS O1anv

v0C WL9Ia

¢0¢

INdNI AV




Patent Application Publication Feb. 4,2016 Sheet4 of 6 US 2016/0037279 A1

12 12
0 0
12 L oL L
40 100 200 1k 2k 10k 20k 40 100 200 1k 2k 10k 20k
LEVEL 1 CENTER CHANNEL LEVEL 1 LEFT & RIGHT CHANNEL
TYPICAL EQUALIZATION (Q=100Hz) TYPICAL EQUALIZATION (Q=150Hz)
FIG. 3A FIG. 3B
+12 +12

) L 1oL RN
12 40 100 200 1k 2k 10k 20k 40 100200 1k 2k 10k 20k
LEVEL 1 LS & RS CHANNEL TYPICAL LEVEL 1 LFE (SUB) CHANNEL

EQUALIZATION (NOTCH FILTER Q=150Hz) TYPICAL EQUALIZATION

FIG. 3C FIG. 3D



Patent Application Publication Feb. 4,2016 Sheet5of6 US 2016/0037279 A1

+12 q 2

+2.4db

N0 Rk k. 2 2010020 k2K 10k
LEVEL 2 CENTER CHANNEL LEVEL 2 LEFT & RIGHT CHANNEL
TYPICAL EQUALIZATION (Q=100Hz) TYPICAL EQUALIZATION (Q=155Hz)
FIG. 4A FIG. 4B
12 e g 02
0 - / 0
~ -2.2db
- BRI 2 50H ..............................
2.3db 850z
@ity e @I
2L ol
20100200 1k 2k 10k 20k 0100200 1k 2k 10k 20K
LEVEL 2 LS & RS CHANNEL TYPICAL LEVEL 2 LFE (SUB) CHANNEL
EQUALIZATION (NOTCH FILTER Q=155Hz) TYPICAL EQUALIZATION

FIG. 4C FIG. 4D



Patent Application Publication Feb. 4,2016 Sheet 6 of 6 US 2016/0037279 A1

+12 5 - . +12
+3.1db}. ..............
0 \ 0
2850Hz
12 : i ) 42 i i
40 100200 1k 2k 10k20k 40100200 1k 2k 10k 20k -
LEVEL 3 CENTER CHANNEL LEVEL 3 LEFT & RIGHT CHANNEL
TYPICAL EQUALIZATION (Q=100Hz) TYPICAL EQUALIZATION (Q=160Hz)
FIG. 5A | FIG. 5B
+H2— . ; +12
0 | ob
- | L
o ...\.-3,de e —'/
-1.5db 2850Hz \ -3.0db
apl i 12 ,
40 100200 1k 2k 10k20k 40 100200 1k 2k 10k 20k
LEVEL 3 LS & RS CHANNEL TYPICAL LEVEL 3 LFE (SUB) CHANNEL
EQUALIZATION (NOTCH FILTER Q=160Hz) TYPICAL EQUALIZATION

FIG. 5C FIG. 5D



US 2016/0037279 Al

AUDIO DEVICE

RELATED APPLICATIONS

[0001] This application claims the benefit of U.S. Provi-
sional Application No. 62/032,205, filed on Aug. 1,2014. The
entire teachings of the above application are incorporated
herein by reference.

BACKGROUND

[0002] Currently the standard connection cable for con-
sumer televisions is a High Definition Multimedia Interface
(HDMI) cable. Typically, the HDMI cable carries a video
signal and both a stereo and 5.1 channel audio signal from a
media source to the playback device. If the playback device is
atelevision with only two speakers, the television will utilize
the stereo audio signal. Similarly if the playback device is a
5.1 channel surround sound system; it will utilize 5.1 channel
audio signal.

SUMMARY

[0003] One common problem is that the dialog portion of
the audio signal is often to low which makes it difficult to hear
clearly. Current home audio systems and playback devices
are unable to efficiently enhance the dialog on selected chan-
nels. Another issue is that the stereo signal from the source is
of poor quality compared to the 5.1 channel audio signal.

[0004] The present approach relates to a method and sys-
tem that dynamically adjusts an audio signal to improve its
overall sound quality and dialog intelligibility. Some embodi-
ments use gain, equalization, audio signal compression and
spatial enhancement (reverb) on individual channels of a
multichannel audio signal.

[0005] One non-limiting embodiment is a method compris-
ing receiving a multichannel audio signal, processing each
channel of the multichannel audio signal separately, includ-
ing processing at least one channel of the multichannel audio
signal by adjusting at least one of the following, a gain, an
equalization, and a dynamic range, to adjust dialog informa-
tion in the at least one channel, and passing the processed
audio channels to a device.

BRIEF DESCRIPTION OF THE DRAWINGS

[0006] The foregoing will be apparent from the following
more particular description of example embodiments of the
invention, as illustrated in the accompanying drawings in
which like reference characters refer to the same parts
throughout the different views. The drawings are not neces-
sarily to scale, emphasis instead being placed upon illustrat-
ing embodiments of the present invention.

[0007] FIG.1A-FIG. 1B illustrates a block diagram of one
example embodiment of the invention.

[0008] FIG. 2 illustrates a block diagram of a second
example embodiment of the invention.

[0009] FIG. 3A-FIG. 3D illustrate example equalization
plots for level 1 dialog enhancement.
[0010] FIG. 4A-FIG. 4D illustrate example equalization
plots for level 2 dialog enhancement.

[0011] FIG. 5A-FIG. 5D illustrate example equalization
plots for level 3 dialog enhancement.
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DETAILED DESCRIPTION

[0012] A description of example embodiments of the
invention follows.

[0013] Inoneembodiment ofthe invention, shown in FIGS.
1A and 1B, audio signals are received at the A/V Input 102 in
the form of a multichannel (5.1, 7.1, etc. . . . ) and a stereo
audio signal 104. The Digital Audio Stream Evaluation Block
106 analyzes the multichannel audio and stores values for
overall level, dynamic range, and signal placement, which is
usually referred to as panning. The Digital Audio Stream
Evaluation Block operates in real time and is configured to
continuously update the values. The overall gain level and
dynamic range values are calculated based on a 3-5 second
average, and panning and placement values are updated
instantaneously. The overall gain level value is passed on to
the Multichannel Audio Mix Gain block 146, shown in FIG.
1B, to ensure that the overall output level is the same as the
master level detected at the input of the device.

[0014] The panning value is passed on to the individual
channel processors for Gain Control, Frequency Modulation,
and Leveling/Compression. In orderto ensure consistent pan-
ning that matches the original source material, these pro-
cesses are updated continuously.

[0015] The Multichannel and Stereo Audio Stream Splitter
108 separates all of the channels of audio into individual
channels for individual processing. In cases where there is a
multichannel audio stream (5.1, 7.1, etc. . . . ) present, the
original stereo audio stream 114 is discarded by the Stereo
Termination Block 112. In cases where there is no multichan-
nel audio stream present, the stereo audio stream is passed on
for further processing, as shown in FIG. 2.

[0016] In cases where a multichannel audio stream exists
the individual channels of the multichannel audio stream are
first passed on to the Gain Control processors 116-1, . . .
116-N. As shown in FIG. 1A channels 122-1, . . . 122-6 are
labeled L, C, R, LS, RS, and LFE consistent with left, center,
right, left surround, right surround, and low-frequency effects
for a 5.1 channel audio signal. But it is understood other
multichannel signals are contemplated. The individual Gain
Control processors, using pre-selected settings in variable
amounts (Dialog Enhancement Levels 1, 2, and 3) selected by
the end user, operate to increase the overall level of the center
channel while attenuating the overall levels of the right and
left channels of audio. For simplicity, only the left, center, and
right are discussed, but the concepts apply to other channels
of 5.1, 7.1, and other signals. This is designed to have the
effect of making the dialog portion ofthe overall signal louder
and easier to understand. The values returned by the Digital
Audio Stream Evaluation Block 106 which relate to the pan-
ning or spatial placement of the audio operate to dynamically
adjust the gain of the left, center, and right channels of the
multichannel audio stream to retain the spatial placement as
intended in the original mix. The overall effect is to maintain
the slightly increased level of the dialog portion of the origi-
nal signal while slightly reducing the level of the coincident
audio. The Gain Control processors related to the left sur-
round and right surround channels are configured to adjust the
levels of their respective channels to maintain the surround
sound spatial intent of the original mix.

[0017] Asthe dialoglevel of the center channel is increased
by its individual Gain Control processor, the surround chan-
nels Gain Control processors use the values derived from the
3-5 second average of the overall level to keep those channels
at a consistent level relative to the center channel. The Gain
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Control processor 116-6 related to the LFE or subwoofer
channel 122-6 use the master levels derived from the Digital
Audio Stream Evaluation Block 106, the EQ Preset Block
152 and Audio Return Analysis Block 150 to adjust the level
of'the low frequency content of the mix. This ensures that the
low frequency content does not overpower the mix, but does
enhance the overall sound quality of the mix in the specific
listening environment.

[0018] Next the individual audio channels are passed on to
separate Frequency Modulation processors 118-1, . .. 118-N
for each channel. The center channel 122-2 receives a slight
frequency boost in the typical range of human speech and a
slight reduction over the rest of the audio frequency spectrum.
For example, the boost can be approximately 1 db to 3 db at
2850 Hz with a Q (bandwidth) of up to 250 cycles. This boost
is also user selectable from pre-programmed presets.
Example frequency plots of the boost in the center channel for
the three levels of dialog enhancement, Levels 1, 2, and 3, are
shown in FIGS. 3A, 4A, and 5A, respectively. The Frequency
Modulation processors related to the other channels of the
multichannel audio stream operate to attenuate, or scoop out,
the same frequency range boosted by the center channel’s
Frequency Modulation processor. The cut on the other chan-
nels may be, for example, between 1 db and 3 db. Example
frequency plots, which show the attenuation in the other
channels for the three levels of dialog enhancement, Levels 1,
2, and 3, are illustrated in FIGS. 3B-D, 4B-D, and 5B-D,
respectively. This has the effect of clearing the specified fre-
quency range and allowing the audio associated with the
center channel to stand out without increasing the overall
level. Additionally, the Frequency Modulation processors for
the left surround and right surround channels operate to use
the data derived from the Digital Audio Stream Evaluation
Block 106, the EQ Preset Block 152 and Audio Return Analy-
sis Block 150 to adjust the equalization of those channels to
best work in the listening environment and maintain the over-
all effect of the surround mix. Similarly, the Frequency
Modulation processor 118-6 related to the LFE or subwoofer
channel 122-6 also dynamically adjusts that channel’s fre-
quency range to fit the listening environment. For example, if
the Audio Return Analysis Block detects a greater than nor-
mal bass response it will reduce those frequencies in this
block. Further, if the Preset EQ Block carries information that
a given playback system cannot process frequencies below a
given value, the LFE channel’s Frequency Modulation pro-
cessor will cut all frequencies below that value. This has the
effect of allowing the speakers of those delivery systems to
work more efficiently and not distort from excess LFE mate-
rial which would reduce the intelligibility of the overall mix
and specifically the dialog.

[0019] After adjusting the gain and the equalization of the
individual channels, the audio channels are passed to channel
specific Leveling/Compression processors 120-1 . . . 120-N.
These processors smooth out the audio signal on each channel
individually. The Leveling/Compression processor 120-2
associated with the center channel 122-2 operates to very
slightly compress the dynamic range of that channel. For
example, the center channel can be compressed with a value
ofapproximately 1.5-2.5to 1. The desired effect is to raise the
lowest level spoken audio while slightly reducing the loudest
dialog to maintain a consistent audio level as it relates to the
dialog. The left and right channels Leveling/Compression
processors 120-1, 120-3 are set to compress those channels at
an example range of 2.5-3.5 to 1 to further reduce the loudest
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audio incursions on those channels so they do not interfere
with the audio featured on the center channel. The Leveling/
Compression processors 120-1, 120-2, 120-3 for the left,
center, and right channels 122-1, 122-2, 122-3 may also be
dynamically controlled using the value derived in the panning
evaluation process in the Digital Audio Stream Evaluation
Block. This ensures that the panning and spatial relationship
of'the original mix is preserved. For example, if a character in
the film/video moves to screen left of the picture and the
original audio mix adjusts for this by panning that characters
voice to the left side of the sound field, the Leveling/Com-
pression processor 120-1 for the left channel 122-1 will,
based on data from the Digital Audio Stream Evaluation
Block 106, automatically adjust its compression value to the
same range as the center channel until the Digital Audio
Stream Evaluation Block returns a new value indicating that
the panning event is over and the dialog has returned to its
common position in the center channel of the multichannel
mix. The Leveling/Compression processors 120-4, 120-5
related to the left surround and right surround channels also
respond to the data derived from the EQ Preset Block and
Audio Return Analysis Block. These channels are com-
pressed in an example range of 1-3 to 1 dynamically based
upon that data and the 3-5 second average overall level of the
master level as derived in the Digital Audio Stream Evalua-
tion Block.

[0020] After the individual processing of the independent
channels of the multichannel mix, the audio channels are
recombined into both a multichannel and a stereo mix. The
stereo mix is created by a Multichannel to Stereo Downmixer
134. The Multichannel to Stereo Downmixer takes a typical
combination of the 5.1 or 7.1 channels and creates a down-
mix. An example process for creating a downmix involves
reducing the levels of the Center, Left, and Right channels by
a specified amount to maintain the overall apparent level of
the audio, reducing and frequency limiting the LFE channel
and adding the LS and RS channels to the Left and Right
channels with reduced overall gain. The Center and LFE
channels are added into the Left and Right Channels preserv-
ing their position in the stereo field. The data from the Digital
Audio Stream Evaluation Block is used to compare and set
the overall master level of the stereo mix. The audio streams,
both the multichannel and the downmixed stereo audio sig-
nals are then passed on to their respective Reverb/Spatial
Placement Blocks 140, 144.

[0021] The purpose of the Reverb/Spatial Placement
Blocks 140, 144 are to help combine the overall mix. This
processor adds fractional, equal amounts of reverb to all
channels simultaneously to incorporate the mix. This process
is adjusted dynamically in values ranging from, for example,
0 to 5 percent. The specific value is determined by the data
from the Audio Return Analysis Block 150 and the Preset EQ
Block 152. In some cases no reverb will be required at all to
incorporate the mix elements. In cases of extended high fre-
quency content returning to the Audio Return Analysis Block
or mapped in the Preset EQ Block, small amounts of reverb
may be applied to have the effect of softening that high
frequency content without sacrificing the brightness or airy
quality of the overall mix.

[0022] The Realtime Ambience Microphone 126 operates
to continuously take a sample of the overall sound in the
listening environment. This sample is analyzed after the indi-
vidual channel process blocks.
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[0023] The data from the Realtime Ambience Microphone
is automatically passed on to the Background Noise Detec-
tion Block 128 and Background Noise EQ Block 130. If the
ambient noise increases, the overall gain of the processed mix
can be set by the user to increase to compensate automati-
cally. For example, if an air conditioner or dishwasher is
activated, increasing the overall noise floor in the listening
environment, the overall output level will be increased to
compensate for the extra ambient noise. The overall compen-
sation levels is user selectable using approximately the fol-
lowing values, 0 to 1, 0.25t0 1, 0.5t0o 1 and 1 to 1. So, for
example, an increase of ambient noise of 4 db would result in
an increase in the overall level of 0 to 4 db based on user
preference.

[0024] The next step in the process is combining the mixes
back into a single stream that comprises both the multichan-
nel and stereo audio elements, which is performed by the
Multichannel and Stereo Audio Stream Combiner 154. These
mixes are then passed on to the Master Equalization Block
156, which derives its equalization maps from the Audio
Return Analysis Block and/or the Preset EQ Block.

[0025] The Audio Return Analysis Microphone 148 listens
to a known audio source. This source can be anything from
audio test signals to a program previously analyzed such as
the first 10 minutes of “Star Wars” played in an ideal listening
environment.

[0026] As the source is played, the Audio Return Analysis
Block 150 compares the audio returning from the current
listening environment to the frequency map of the same sig-
nal played in the ideal listening environment and develops
specific equalization settings to bring the user’s environment
as close as possible to the ideal listening environment using
the Master Equalization Block 156. During the initial stages
of'this analysis the upstream processors are disabled, after the
first part of the analysis the upstream processors are enabled
and adjusted based on the data returned from the analysis to
establish baseline settings for all of the upstream processes.
This ensures that the starting point for improving the overall
quality of the audio and increasing intelligibility of the dialog
is consistent with the intent of the original mix.

[0027] The EQ Preset Block 152 may be preloaded with
known playback systems EQ maps. These EQ maps can be
applied to the specific payback system by the Master Equal-
ization Block 156 to further adjust the overall mix to match
the playback system. For example, if an end user owns a
specific model of flat panel TV for which there is a specific
EQ map, that map can be applied to that user’s device to
adjust its equalization to match the limitations of the playback
system. The EQ Preset Block 152 can be used either in con-
junction with or separately from the Audio Return Analysis
Block 150.

[0028] The last process in the system automatically
assesses the delay associated with all of the upstream pro-
cesses, which should be minimal and measured in millisec-
onds. The data returned from this process is used in the Video
Delay Compensation Block 124 to ensure that the video 103
and audio signals maintain perfect synchronization as they
are passed back out to the playback device through A/V
output 158.

[0029] Stereo Only Processing. FIG. 2 illustrates the audio
processing in the event that a multichannel (5.1, 7.1, etc. . . .
) audio is not available for a given program. The left and right
channels of the stereo mix are processed as if they were the
center channel of a multichannel mix using unique values
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derived specifically for stereo content for the Gain Control
processors 216-1, 216-2, the Frequency Modulation proces-
sors 218-1, 218-2 and the Leveling/Compression processors
220-1, 220-2.

[0030] Audio signals are received at the A/V Input 202 in
the form of a stereo audio signal 204. The Digital Audio
Stream Evaluation Block 206 analyzes the stereo audio signal
and stores values for overall level, dynamic range, and signal
placement, which is usually referred to as panning. The Digi-
tal Audio Stream Evaluation Block 206 operates in real time
and is configured to continuously update the values and pro-
vide a stereo only program 210 featuring left channel 222-1
and right channel 222-2. The overall gain level and dynamic
range values are calculated based on a 3-5 second average,
and panning and placement values are updated instanta-
neously. The overall gain level value is passed on to the Stereo
Mix Gain block 242 to ensure that the overall output level is
the same as the master level detected at the input of the device.
[0031] The panning and spatial relationships of the stereo
mix are preserved by the same method as in multichannel
mix. The Gain Control processors 216-1, 216-2, the Fre-
quency Modulation processors 218-1, 218-2, and the Level-
ing/Compression processors 220-1, 220-2 are dynamically
adjusted based on the data returned by the Digital Audio
Stream Evaluation Block 206 to ensure correct panning and
spatial placement.

[0032] In addition, the stereo or mono audio is processed
using the data derived from the Audio Return Analysis Block
250 and the EQ Preset Block 252 to adjust the playback
system.

[0033] The Realtime Ambience Microphone 226 operates
to continuously take a sample of the overall sound in the
listening environment. This sample is analyzed after the indi-
vidual channel process blocks. The data from the Realtime
Ambience Microphone is automatically passed on to the
Background Noise Detection Block 228 and Background
Noise EQ Block 230.

[0034] The Audio Return Analysis Microphone 248 listens
to a known audio source. The stereo mix is processed using
the Audio Return Analysis Block 250, the Reverb/Spatial
Placement Block 240, the Preset EQ Block 252, the Back-
ground Noise Detection Block 228 and the Master Equaliza-
tion Block 256 to provide an accurate baseline for the mix
adjustments made by the upstream processors.

[0035] The last process in the system automatically
assesses the delay associated with all of the upstream pro-
cesses, which should be minimal and measured in millisec-
onds. The data returned from this process is used in the Video
Delay Compensation Block 224 to ensure that the video 203
and audio signals maintain perfect synchronization as they
are passed back out to the playback device through A/V
output 258.

[0036] Further example embodiments of the present inven-
tion may be configured using a computer program product;
for example, controls may be programmed in software for
implementing example embodiments of the present inven-
tion. Further example embodiments of the present invention
may include a non-transitory computer-readable medium
containing instructions that may be executed by a processor,
and, when executed, cause the processor to complete methods
described herein. It should be understood that elements of the
block and flow diagrams described herein may be imple-
mented in software, hardware, firmware, or other similar
implementation determined in the future. In addition, the
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elements of the block and flow diagrams described herein
may be combined or divided in any manner in software,
hardware, or firmware.

[0037] If implemented in software, the software may be
written in any language that can support the example embodi-
ments disclosed herein. The software may be stored in any
form of computer readable medium, such as random access
memory (RAM), read only memory (ROM), compact disk
read-only memory (CD-ROM), and so forth. In operation, a
general purpose or application-specific processor loads and
executes software in a manner well understood in the art. It
should be understood further that the block and flow diagrams
may include more or fewer elements, be arranged or oriented
differently, or be represented differently. It should be under-
stood that implementation may dictate the block, flow, and/or
network diagrams and the number of block and flow diagrams
illustrating the execution of embodiments of the invention.
[0038] While this invention has been particularly shown
and described with references to example embodiments
thereof, it will be understood by those skilled in the art that
various changes in form and details may be made therein
without departing from the scope of the invention encom-
passed by the appended claims.

What is claimed is:

1. A method comprising:

receiving a multichannel audio signal;

processing each channel of the multichannel audio signal

separately, including processing at least one channel of
the multichannel audio signal by adjusting at least one
of:

(1) a gain,

(ii) an equalization, and

(iii) a dynamic range;

to adjust dialog information in the at least one channel; and

passing the processed audio channels to a device.

2. The method of claim 1, further comprising downmixing
the processed audio channels to a two channel audio signal.

3. The method of claim 2, further comprising passing the
two channel audio signal to the device.

4. The method of claim 1, further comprising delaying a
video signal to sync the video signal with the processed audio
channels and passing the delayed video to the device.

5. The method of claim 1, further comprising evaluating the
multichannel audio signal to determine an overall audio level
and using the overall audio level to ensure unity gain with the
processed audio channels.

6. The method of claim 1, wherein adjusting the equaliza-
tion of the at least one channel includes raising the signal level
in the audio frequency range of human speech.

7. The method of claim 1, wherein adjusting the gain of the
atleast one channel includes raising the gain of the at least one
channel.

8. The method of claim 1, wherein adjusting the dynamic
range of the at least one channel includes narrowing the
dynamic range of the at least one channel.

9. The method of claim 6, further comprising adjusting the
equalization of at least one other channel by attenuating the
signal level in the audio frequency range of human speech.

10. The method of claim 8, further comprising attenuating
the gain of at least one other channel.

11. The method of claim 9, further comprising narrowing
the dynamic range and attenuating the upper volume limit of
at least one other channel.
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12. The method of claim 1, wherein a user can select
different adjustment configurations for processing the multi-
channel audio signal.

13. The method of claim 1 wherein the device is a playback
device.

14. The method of claim 1 wherein the device is a storage
device.

15. The method of claim 1 wherein the multichannel audio
signal has at least three channels.

16. The method of claim 1 wherein the multichannel audio
signal is a 5.1 channel audio signal.

17. The method of claim 1 wherein the multichannel audio
signal is a 7.1 channel audio signal.

18. The method of claim 1 further including, taking a
sample of overall sound in a listening environment, analyzing
the sample to detect ambient noise, and increasing overall
gain of the processed audio channels to compensate for ambi-
ent noise.

19. The method of claim 18 wherein the amount of increase
in overall gain of the processed audio channels to compensate
for ambient noise is user selectable.

20. The method of claim 1 further including, comparing
output of the device from a known audio test signal, to an ideal
frequency map of the known audio test signal, and adjusting
overall equalization of the processed audio channels to match
the ideal frequency map.

21. The method of claim 1 further including, adjusting
overall equalization of the processed audio channels based on
known playback attributes of the device.

22. A system for processing an audio signal comprising:

an input for receiving a multichannel audio signal;

a plurality of processing modules, each processing module
individually processing a channel of the multichannel
audio signal, at least one of the processing modules
processing a corresponding channel of the multichannel
audio signal by adjusting at least one of:

(1) a gain,
(ii) an equalization, and
(iii) a dynamic range;

to adjust dialog information in the channel; and

an output for passing the processed audio channels to a
device.

23. The system of claim 22, further comprising a multi-
channel to stereo downmixer for downmixing the processed
audio channels to a two channel audio signal.

24. The system of claim 23, wherein the output passes the
two channel audio signal to the device.

25. The system of claim 22, further comprising a video
delay compensation module for delaying a video signal to
sync the video signal with the processed audio channels and
for passing the delayed video to the output, wherein the
output passes the delayed video to the device.

26. The system of claim 22, further comprising an audio
stream evaluation module for evaluating the multichannel
audio signal to determine an overall audio level and using the
overall audio level to ensure unity gain with the processed
audio channels.

27. The system of claim 22, wherein the at least one pro-
cessing module adjusts the equalization of the channel by
raising the signal level in the audio frequency range of human
speech.

28. The system of claim 22, wherein the at least one pro-
cessing module adjusts the gain of the channel by raising the
gain of the channel.
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29. The system of claim 22, wherein at least one processing
module adjusts the dynamic range of the channel by narrow-
ing the dynamic range of the channel.

30. The system of claim 27, wherein a second processing
module, of the plurality of processing modules, is configured
to adjust the equalization of at least one other channel by
attenuating the signal level in the audio frequency range of
human speech.

31. The system of claim 28, wherein a third processing
module, of the plurality of processing modules, is configured
to attenuate the gain of at least one other channel.

32. The system of claim 29, wherein a fourth processing
module, of the plurality of processing modules, is configured
to narrow the dynamic range and attenuate the upper volume
limit of at least one other channel.

33. The system of claim 22, wherein a user can select
different adjustment configurations for processing the multi-
channel audio signal.

34. The system of claim 22, wherein the device is a play-
back device.

35. The system of claim 22, wherein the device is a storage
device.

36. The system of claim 22, wherein the multichannel
audio signal has at least three channels.

37. The system of claim 22, wherein the multichannel
audio signal is a 5.1 channel audio signal.

38. The system of claim 22, wherein the multichannel
audio signal is a 7.1 channel audio signal.
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39. The system of claim 22 further including:

a microphone for taking a sample of overall sound in a

listening environment;

a background noise detection module for analyzing the

sample to detect ambient noise; and

a background noise equalization module for increasing

overall gain of the processed audio channels to compen-
sate for ambient noise.

40. The system of claim 39 wherein the amount of increase
in overall gain of the processed audio channels to compensate
for ambient noise is user selectable.

41. The system of claim 22 further including:

a microphone for listening to a known audio test signal

being played through the device;

an audio return analysis module for comparing the known

audio test signal being played through the device to an
ideal frequency map of the known audio test signal; and

a master equalization module for adjusting overall equal-

ization of the processed audio channels to match the
ideal frequency map.

42. The system of claim 41 further including, an equaliza-
tion preset module for storing equalization presets based on
known playback attributes of the device, wherein the equal-
ization preset module signals the master equalization module
to adjust the overall equalization of the processed audio chan-
nels to match one of the equalization presets.
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